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DETAILED ACTION 
Response to Arguments 

1. Applicant's arguments filed 5/7/2004 have been fully considered but they 
are not persuasive. Applicant argues that the prior art of record u Arslan does not 
disclose either the beforehand calculation of the noise reduction coefficient or the 
extraction of the voice features in the form of a power spectrum vector" 
(Amendment page 7). However, Arslan et al. teach both of these limitations. In 
figure 4, the noise reduction coefficients calculated in the previous frame are 
stored in Proceeding Frame Noise block for use in the current frame (this is a 
beforehand calculation step), and the extraction of the voice features in the form 
of a power spectrum vector is performed in LPC, Energy, and DFT blocks 
outputting power spectrum of the input signal. Therefore, claims 1-17 remain 
rejected as being anticipated by Arslan et al. and/or in view of Im et al., LaRue, 
and Haykin et al. 



2. Regarding claim 18, the applicant argues that the filter coefficient is 
calculated before being supplied to an FFT operation (amendment page 12). 
However, claim 18 fails to specifically indicate the operation order of the filter 
coefficient calculation step and the FFT step. Therefore, claim 18 remains 
rejected by the prior art of record Arslan et al. in view of Haykin et al. 



Claim Rejections - 35 USC § 102 
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1 . The following is a quotation of the appropriate paragraphs of 35 U.S.C. 102 
that form the basis for the rejections under this section made in this Office action: 

A person shall be entitled to a patent unless -(b) the invention was patented or described in a 
printed publication in this or a foreign country or in public use or on sale in this country, more than 
one year prior to the date of application for patent in the United States. 

2. Claims 1-2, 8-9,12-13, and 16 are rejected under 35 U.S.C. 102(b) as being 
anticipated by Arslan et al. (US. Patent No. 6,263,307). 



3. Referring to claim 1 , Arslan et al. discloses a voice feature extraction 
device comprising: 

a noise reduction system coefficient calculation unit that calculates 
beforehand a noise reduction system coefficient of a noise reduction system to 
be used (col. 6, In. 3-5), and 

an input voice power spectrum calculation unit that calculates a power 
spectrum vector of a processed input voice (904 of figures 9a or 9b), wherein 

the noise reduction system that is set to the coefficient calculated by the 
noise reduction system coefficient calculation unit executes an operation 
processing the power spectrum vector calculated by the input voice power 
spectrum calculation unit (figure 9a or 9b). 

4. Referring to claim 2, Arslan et al. discloses a voice feature extraction 
device, wherein the noise reduction system coefficient calculation unit includes a 
filter coefficient calculation unit that determines a filter coefficient of the noise 
reduction system to be used, and a power calculation unit that converts the filter 
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coefficient acquired by the filter coefficient calculation unit into the power 
spectrum vector (col. 14, In. 30-48). 



5. Referring to claim 8, Arslan et al. discloses a voice feature extraction 
device comprising: 

a noise reduction system coefficient calculation unit that calculates 
beforehand a noise reduction system coefficient of a noise reduction system to 
be used (col. 6, In. 3-5), 

a microphone that receives the voice of a user (figures 1a or 1b), 

a window function operation unit that samples a voice signal received by 
the microphone, and prevents generation of high frequency components caused 
by a data jump at intervals of each frame (figures 3 or 4), 

an input voice power spectrum calculation unit that calculates a power 
spectrum vector of the input voice signal processed by the window function 
operation unit (904 of figures 9a or 9b), and 

a noise reduction system that sets the power spectrum vector calculated 
by the input voice power spectrum calculation unit to the coefficient calculated by 
the noise reduction system coefficient calculation unit, and executes an operation 
processing (figures 9a or 9b). 



6. Referring to claim 9, Arslan et al. discloses voice feature extraction device, 
wherein the noise reduction system coefficient calculation unit includes a filter 
coefficient calculation unit that determines a filter coefficient of the noise 
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reduction system to be used, and a power calculation unit that converts the filter 
coefficient determined by the filter coefficient calculation unit into the power 
spectrum vector (col. 14, In. 30-48). 



7. Referring to claim 12, Arslan et al. discloses a method of extracting voice 
features comprising: 

calculating in advance a noise reduction system coefficient of a noise 
reduction system to be used (col. 6, In. 3-5), and 

calculating a power spectrum vector of a processed input voice (904 of 
figures 9a or 9b), 

wherein the noise reduction system having the calculated noise reduction 
system coefficient set to the power spectrum vector (figure 9b), and extracts the 
voice features (LPC subsystem of figure 4). 



8. Referring to claim 13, Arslan et al. discloses a method of extracting voice 
features, wherein the noise reduction system coefficient is calculated by 
determining a filter coefficient of the noise reduction system to be used, and by 
converting the determined filter coefficient into the power spectrum vector (col. 
14, In. 30-48). 



9. Referring to claim 16, Arslan et al. discloses a method of extracting voice 
features comprising: 
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calculating in advance a noise reduction system coefficient of a noise 
reduction system to be used (col. 6, In. 3-5), 

sampling an input voice signal received by a microphone (figures 1a or 

1b), 

executing processing to prevent generation of high frequency 
components of the input voice signal sampled (figures 3 or 4), 

calculating a power spectrum vector of the signal that is processed to 
prevent generation of high frequency components (904 of figures 9a or 9b), 
and 

calculating a voice feature from the power spectrum vector by means of 
the noise reduction system having the calculated noise reduction system 
coefficient set (figure 9b). 

Claim Rejections • 35 USC § 103 

The following is a quotation of 35 U.S.C. 103(a) which forms the basis for 
all obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described 
as set forth in section 102 of this title, if the differences between the subject matter sought to 
be patented and the prior art are such that the subject matter as a whole would have been 
obvious at the time the invention was made to a person having ordinary skill in the art to which 
said subject matter pertains. Patentability shall not be negatived by the manner in which the 
invention was made. 



Claims 3, 10, 14, and 17 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over by Arslan et al. (US. Patent No. 6,263,307) in view of Im et al. 
(US. Patent No. 5,805,696). 
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10. Arslan et al. discloses all the limitations of claim 3, but fails to specifically 
disclose a coefficient calculation unit executes an adaptive control to a signal 
having an input voice signal and a simulated voice signal added, and obtains a 
tap coefficient to thereby calculate the filter coefficient. However, Im et al. 
teaches a coefficient calculation unit executes an adaptive control to a signal 
having an input voice signal and a simulated voice signal added, and obtains a 
tap coefficient to thereby calculate the filter coefficient (figures 2 or 3). The 
advantage using the method taught by Im et al. is to recursively calculate and 
update the filter coefficient to appropriately reduce the adaptive noise. 

Since Arslan et al. and Im et al. are analogous art because they are from 
the same field of endeavors, it would have been obvious to one of ordinary skill in 
the art at the time the invention was made to modify Arslan et al. by incorporating 
an adaptive filter coefficient calculation unit as taught by Im et al. in order to 
calculate and update the filter coefficients to appropriately reduce the adaptive 
noise that corrupts the input signal. 

1 1 . Arslan et al. discloses all the limitations of claim 10, but fails to specifically 
disclose a coefficient calculation unit executes an adaptive control to a signal 
having an input voice signal and a simulated voice signal added, and obtains a 
tap coefficient to thereby calculate the filter coefficient. However, Im et al. 
teaches a coefficient calculation unit executes an adaptive control to a signal 
having an input voice signal and a simulated voice signal added, and obtains a 
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tap coefficient to thereby calculate the filter coefficient (figures 2 or 3). The 
advantage using the method taught by Im et al. is to recursively calculate and 
update the filter coefficient to appropriately reduce the adaptive noise. 

Since Arslan et al. and Im et al. are analogous art because they are from 
the same field of endeavors, it would have been obvious to one of ordinary skill in 
the art at the time the invention was made to modify Arslan et al. by incorporating 
an adaptive filter coefficient calculation unit as taught by Im et al. in order to 
calculate and update the filter coefficients to appropriately reduce the adaptive 
noise that corrupts the input signal. 



12. Arslan et al. discloses all the limitations of claim 14, but fails to specifically 
disclose a coefficient calculation unit executes an adaptive control to a signal 
having an input voice signal and a simulated voice signal added, and obtains a 
tap coefficient to thereby calculate the filter coefficient. However, Im et al. 
teaches a coefficient calculation unit executes an adaptive control to a signal 
having an input voice signal and a simulated voice signal added, and obtains a 
tap coefficient to thereby calculate the filter coefficient (figures 2 or 3). The 
advantage using the method taught by Im et al. is to recursively calculate and 
update the filter coefficient to appropriately reduce the adaptive noise. 

Since Arslan et al. and Im et al. are analogous art because they are from 
the same field of endeavors, it would have been obvious to one of ordinary skill in 
the art at the time the invention was made to modify Arslan et al. by incorporating 
an adaptive filter coefficient calculation unit as taught by Im et al. in order to 
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calculate and update the filter coefficients to appropriately reduce the adaptive 
noise that corrupts the input signal. 



1 3. Referring to claim 17, Arslan et al. discloses a method of extracting 
voice features, wherein the noise reduction system coefficient is attained by 
applying a fast Fourier transform to the filter coefficient to thereby calculate 
the power spectrum vector (902 of figures 9a or 9b). Arslan et al. fails to 
specifically disclose an adder for adding a surrounding voice signal received 
by the microphone and a specific simulated voice signal and executing an 
adaptive control to the added signal to thereby calculate a filter coefficient. 

However, Im et al. teaches an adder for adding a surrounding voice 
signal received by the microphone and a specific simulated voice signal (30 of 
figure 3) and executing an adaptive control to the added signal to thereby 
calculate a filter coefficient (CONTROL of figure 3). The advantage of using 
the method taught by Im et al. is to recursively calculate and update the filter 
coefficient to appropriately reduce the adaptive noise. 

Since Arslan et al. and Im et al. are analogous art because they are from 
the same field of endeavors, it would have been obvious to one of ordinary skill in 
the art at the time the invention was made to modify Arslan et al. by incorporating 
an adder for adding the two signal together and executing adaptive control to 
calculate the filter coefficient as taught by Im et al. in order to calculate and 
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update the filter coefficients to appropriately reduce the adaptive noise that 
corrupts the input signal. 



Claims 5-7 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Arslan et al (US. Patent No. 6,263,307) in view of LaRue (US. Patent No. 
5,274,560). 



14. Referring to claim 5, Arslan et al. discloses all the limitations of claim 5, 
but fails to specifically disclose a voice feature extraction device, wherein the 
voice feature extraction device is applied to a voice recognition device of a 
vehicle navigation system. However, LaRue teaches a voice feature extraction 
device, wherein the voice feature extraction device is applied to a voice 
recognition device of a vehicle navigation system (figure 4, subsystem 4 extracts 
speech features). The advantage of using the method taught by LaRue is to 
allow drivers communicate verbally with the voice recognition navigation system 
without taking off an eye from the traffic. 

Since Arslan et al. and LaRue are analogous art because they are from 
the same field of endeavors, it would have been obvious to one of ordinary skill in 
the art at the time the invention was made to modify Arslan et al. by applying the 
voice feature extraction to a voice recognition device of a vehicle navigation 
system as taught by LaRue in order to analyze the input speech command to 
appropriately retrieve direction and verbally guide the driver so that the driver can 
pay attention to the traffic. 
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15. Referring to claim 6, Arslan et al. discloses all the limitations of claim 6, 
but fails to specifically disclose a voice feature extraction device, wherein the 
voice feature extraction device is applied to a speaker recognition device. 
However, LaRue teaches a voice feature extraction device, wherein the voice 
feature extraction device is applied to a speaker recognition device (col. 6, In. 32- 
44). 

Since Arslan et al. and LaRue are analogous art because they are from 
the same field of endeavors, it would have been obvious to one of ordinary skill in 
the art at the time the invention was made to modify Arslan et al. by applying the 
voice feature extraction to the speaker recognition device as taught by LaRue in 
order to train the speaker recognition device with different spoken accents to 
further enhance the recognition capabilities of the system and make it more 
reliable. 

16. Referring to claim 7, Arslan et al. discloses all the limitations of claim 7, 
but fails to specifically disclose a voice feature extraction device a voice feature 
extraction device, wherein the voice feature extraction device is applied to a 
loudness compensation system. However, LaRue teaches a voice feature 
extraction device, wherein the voice feature extraction device is applied to a 
loudness compensation system (col. 6, In. 21-26, a system that plays music is 
considered a loudness compensation system). The advantage of using the 



N^l 
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method taught by LaRue is to allow music listeners to control speakers' volume 
by verbal communications. 

Since Arslan et al. and LaRue are analogous art because they are from 
the same field of endeavors, it would have been obvious to one of ordinary skill in 
the art at the time the invention was made to modify Arslan et al. by applying the 
voice feature extraction to the speaker recognition device as taught by LaRue in 
order to train the speaker recognition device with different spoken accents to 
further enhance the recognition capabilities of the system and make it more 
reliable. 



Claims 4, 1 1, 15, and 18 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over by Arslan et al. (US. Patent No. 6,263,307) in view of Im et al. 
(US. Patent No. 5,805,696) and further in view of Haykin et al. (US. Patent No. 
5,027,123). 



1 7. Referring to claim 4, the combination of Arslan et al. and Im et al. 
discloses all the limitations of claim 4, but fails to specifically disclose a voice 
feature extraction device, wherein a specific gain adjustment is executed on the 
simulated voice signal. However, Haykin et al. teaches voice feature extraction 
device, wherein a specific gain adjustment is executed on the simulated voice 
signal (33 of figure 4). The advantage of using the method taught by Haykin et 
al. is to recursively calculate and update the filter coefficient at various levels of 
the simulated voice signal measure the system's reliabilities. 
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Since the modified Arslan et al. and Haykin et al. are analogous art 
because they are from the same field of endeavors, it would have been obvious 
to one of ordinary skill in the art at the time the invention was made to further 
modify Arslan et al. by incorporating an adaptive filtering coefficient calculation 
unit as taught by Haykin et al. in order to calculate and update the filter 
coefficients to appropriately reduce adaptive noise that corrupts the input signal. 



18. Referring to claim 1 1 , the combination of Arslan et al. and Im et al. 
discloses all the limitations of claim 1 1 , but fails to specifically disclose a voice 
feature extraction device, wherein a specific gain adjustment is executed on the 
simulated voice signal. However, Haykin et al. teaches voice feature extraction 
device, wherein a specific gain adjustment is executed on the simulated voice 
signal (33 of figure 4). The advantage of using the method taught by Haykin et 
al. is to recursively calculate and update the filter coefficient at various levels of 
the simulated voice signal measure the system's reliabilities. 

Since the modified Arslan et al. and Haykin et al. are analogous art 
because they are from the same field of endeavors, it would have been obvious 
to one of ordinary skill in the art at the time the invention was made to further 
modify Arslan et al. by incorporating an adaptive filtering coefficient calculation 
unit as taught by Haykin et al. in order to calculate and update the filter 
coefficients to appropriately reduce the adaptive noise that corrupts the input 
signal. 
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19. Referring to claim 15, the combination of Arslan et al. and Im et al. 
discloses all the limitations of claim 15, but fails to specifically disclose a voice 
feature extraction device, wherein a specific gain adjustment is executed on the 
simulated voice signal. However, Haykin et al. teaches voice feature extraction 
device, wherein a specific gain adjustment is executed on the simulated voice 
signal (33 of figure 4). The advantage of using the method taught by Haykin et 
al. is to recursively calculate and update the filter coefficient at various levels of 
the simulated voice signal measure the system's reliabilities. 

Since the modified Arslan et al. and Haykin et al. are analogous art 
because they are from the same field of endeavors, it would have been obvious 
to one of ordinary skill in the art at the time the invention was made to further 
modify Arslan et al. by incorporating an adaptive filtering coefficient calculation 
unit as taught by Haykin et al. in order to calculate and update the filter 
coefficients to appropriately reduce the adaptive noise that corrupts the input 
signal. 



20. Referring to claim 18, Arslan et al. discloses a voice feature extraction 
device comprising: 

a microphone that receives a surrounding voice signal (figures 1a or 

1b); 

an FFT operation unit that executes a fast Fourier transform to a filter 
coefficient obtained by the adaptive control of the adaptive filter (figure 9b); 
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a power calculation unit that calculates a power spectrum vector from a 
signal calculated by the FFT operation unit (904 figure 9b); and 

a noise reduction system having the power spectrum vector calculated by 
the power calculation unit set as a noise reduction coefficient (figure 9b). 

Arslan et al. fails to specifically disclose a simulated voice signal 
generation unit that generates a specific simulated voice signal; a gain 
adjustment unit that adjusts a gain of the simulated voice signal; an adder that 
adds the voice signal received by the microphone and the gain-adjusted 
simulated voice signal; a delay processing unit that delays the gain-adjusted 
simulated voice signal by a specific time; and an adaptive filter that executes 
an adaptive control on the basis of the signal added by the adder and the 
simulated voice signal delayed by the delay processing unit. 

However, Im et al. teaches a simulated voice signal generation unit that 
generates a specific simulated voice signal (34 of figure 3); an adder that adds 
the voice signal received by the microphone and the gain-adjusted simulated 
voice signal (30 of figure 3); and an adaptive filter that executes an adaptive 
control on the basis of the signal added by the adder and the simulated voice 
signal delayed by the delay processing unit (20 of figure 3). The overall 
advantage of using the operation taught by Im et al. mentioned above is to 
recursively calculate and update the filter coefficient so that adaptive noise can 
be removed appropriately. 

Since Arslan et al. and Im et al. are analogous art because they are from 
the same field of endeavors, it would have been obvious to one of ordinary skill in 
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the art at the time the invention was made to modify Arslan et al. by incorporating 
a simulated voice signal unit, and adder unit, and an adaptive filter as taught by 
Im et al. in order to calculate and update the filter coefficients to appropriately 
reduce the adaptive noise corrupts the input signal. 

The combination of Arslan et al. and Im et al. still fails to disclose a gain 
adjustment unit that adjusts a gain of the simulated voice signal and a 
delayed processing unit that delays the gain-adjusted simulated voice signal 
by a specific time. However, Haykin et al. teaches a gain adjustment unit that 
adjusts a gain of the simulated voice signal (33 of figure 4) and a delayed 
processing unit that delays the gain-adjusted simulated voice signal by a 
specific time (elements 27, 31 , 33, 35, and 37 of figure 4 together can form a 
delay unit). The overall advantage of using the method taught by Haykin et al. 
mentioned above is to recursively calculate and update the filter coefficient at 
various levels of the simulated voice signal to measure the system's reliabilities. 

Since the modified Arslan et al. and Haykin et al. are analogous art 
because they are from the same field of endeavors, it would have been obvious 
to one of ordinary skill in the art at the time the invention was made to further 
modify Arslan et al. by incorporating a gain adjustment unit and a delayed 
processing unit as taught by Haykin et al. in order to control the simulated voice 
signal to achieve a precise calculation of filter coefficients. 
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Conclusion 

THIS ACTION IS MADE FINAL Applicant is reminded of the extension of 
time policy as set forth in 37 CFR 1.136(a). 

A shortened statutory period for reply to this final action is set to expire 
THREE MONTHS from the mailing date of this action. In the event a first reply is 
filed within TWO MONTHS of the mailing date of this final action and the advisory 
action is not mailed until after the end of the THREE-MONTH shortened statutory 
period, then the shortened statutory period will expire on the date the advisory 
action is mailed, and any extension fee pursuant to 37 CFR 1.136(a) will be 
calculated from the mailing date of the advisory action. In no event, however, will 
the statutory period for reply expire later than SIX MONTHS from the mailing 
date of this final action. 

Any inquiry concerning this communication or earlier communications from 
the examiner should be directed to Huyen Vo whose telephone number is 703- 
305-8665. The examiner can normally be reached on M-F, 9-5:30. 

If attempts to reach the examiner by telephone are unsuccessful, the 
examiner's supervisor, Doris To can be reached on 703-305-4827. The fax 
phone number for the organization where this application or proceeding is 
assigned is 703-872-9306. 
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Information regarding the status of an application may be obtained from 
the Patent Application Information Retrieval (PAIR) system. Status information 
for published applications may be obtained from either Private PAIR or Public 
PAIR. Status information for unpublished applications is available through 
Private PAIR only. For more information about the PAIR system, see http://pair- 
direct.uspto.gov. Should you have questions on access to the Private PAIR 
system, contact the Electronic Business Center (EBC) at 866-217-9197 (toll- 
free). 



Examiner Huyen X..Vo 



June 25, 2004 



